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Receiver and SA-modalator for use tberein 



The invention relates to a receiver conq)rising means for receiving a plurality 
of coxnnxunication channels, a mixer for fiequency-converting at least part of said 
communication channels and a sigma-delta modulator for analog to digital converting output 
signals of the mixer, said sigma-delta modulator including a feedback loop with a forward 
S path and a feedback path, wherein the forward path comprises combiner means with a first 
input receiving the mixer output signals, noise-sh^nng low pass filtering means coupled to 
file output of said combiner means and a quantizer coiq)led to the output of the noise-shaping 
low pass filtering means and wherein the feedback path is connected to supply output signals 
of the quantizer to a second iiqiut of the combiner noeans. 

10 

A receiver of tte abovementioned kind is e.g. known fix)m the article '^A 10.7-. 
MHz IF-to-Baseband SA A/D Conversion System for AM/FM Radio Receivers" of E J. van 
der Zwan et al in IEEE Journal of Solid State Circuits, Vol. 35, No 12, December 2000. 

1 5 The above referenced known receiver comprises between the mixer output and 

the input of the sigma delta modulator a low-pass or band-pass filter for passing the desired 
communication channel and for suppressing the undesrred neighboring channel(s). A great 
disadvantage of this kind of receivers is that severe requirements are to be set to the channel 
filter. The filter should add a minimum amount of noise and signal distortion and it should be 

20 of sufBciently high order to suppress the neighboring interferers. In order to avoid these 

disadvantages of the channel filter prior to the analog to digital conversion, a more popular 
approach is to place the channel filtering fimction in the digital domain after the analog to 
digital converter. In this concept use is made of the fact that digital filtering can nowadays be 
performed more economically and accurately than analog filtering. However, one 

25 disadvantage thereof is that the sample rate of the analog to digital conversion should be higfh 
enough to avoid aliasing of the interferers into the desired channel. A second disadvantage is 
that the dynamic range of the analog to digital converter has to be very large (e.g. 100 dB), 
inter alias because the interferers in the output of the mixer may have levels that are far 
greater than the level of tiie desired channel. The consequence is that in the analog to digital 
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converter and in the digital circuitry thereafter the sample rate and/or the number of bits per 
san^le have to be chosen veiy large. The power consumption of the AD-converter and the 
digital circuitry thereafter wiU therefore be large. Moreover non-linear distortion in the AD- 
converter may easUy occur. In order to make the disadvantages of the prior art receiver more 
accqjtable, the abovementioned document also proposes to have part of the channel filtering 
before the AD-converter and the other part of the channel filtraing behind tiie AD-converter. 



It is the primary object of the present invention to substantially mitigate the 

10 fore mentioned problems of tibe prior art receivers and the receiver according to the mvention 
is therefore characterized m that the forward path and the feedback path ate so arranged that 
the signal transfer function of the EA-modulator fiom the iapat of the combiner to the oulput 
of Ihe quantizer has a pass band that substantially corresponds 'wilh the fiequency band of the 
communication channel to be filtered yMlc the intecferers beyond that pass band are 

15 attenuated. A major objective of Ihe invention is tiiat the channel selection filtering can be 
much simpler inq)lemeiited wilhin Ihe loop of Ihe SA-modulator then vrbea this filtering 
would be done in fi»nt of this loop. The channel filtering has to prevent that large interferers 
in Ihe neighboriiood of the desired channel over-load Ihe EA modulator and this may be 
m^lemented fer easier and with lower noise fector in Ihe loop filter behind the combiner 

20 '«^iere the signals are substantiaUy reduced with respect to Ihe signals in fiont of the 

combmer. The usually rather small signal to noise ratio that is required foe the digital post- 
processmg can now easily be obtained by a low order single-bit analog SA converter with 
low oversampling also because the digital decimation filter that usually follows the SA- 
modnlator further siq>prBSses remnants of the neighbor^jhannels. Moreover an advantage of a 

25 single bit SA converter is that for the quantizer a siniple one-level comparator can be used 
and the digital to analog converter in the feedbadc path between the comparator and tiie 
input-combiner can then often be simplified. 

It is quite possible in an arrangement according to the invention to combine 
the noise shaping function and tiie channel filtering fimction in a single filter arrangement. 

30 An example fliereof will be given in fig. 1 of the present appUcation. However preferably the 
filter means for the channel filtering and those for the noise shaping are separated, so that 
they each may be optimized independently fiom each other. An example of a receiver wilh 
such implementation is characterized in tiiat the forward patii of the feedback loop comprises, 
in addition to said noise shapmg low pass filtering means, first channel filtering means, that 
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the feedback path of the feedback loop comprises second channel filtering noieans and that the 
product of the transfer function of the first channel filtering means and. the transfer function 
of the second channel filtering means is constant 

Another embodiment of a receiver according to the invention ^^iiich also has 
the possibility to independently design the channel filtering and the noise shaping is 
characterized by fiirther conabiner means with first and second issptjts and an ouQnit, by a first 
filter with transfer function Fi(s) connected between the output of the fibrst mentioned 
combiner means and the first input of the further conibiner means» a second filter with 
tcansf^ fimction F2(s) connected bet^em the output of the quantizer and the second iiiput of 
the farther conibiner means and a third filter with transfer function F3(s) between fiie output 
of the feather combiner means and the ii^ut of the quantizer, wherein the transfer fiinction 
Fi(s)/(Fi(s)+F2(s)) substantially corresponds with the firequency band of the communication 
channel to be filtered. When in this implementation the sum Fi(s)+F2(s) of the transfer 
functions of the first and second filters is equal to 1, these t^o filters, which are thCTi 
complements of each other, perform together the channel filtering and the third filter does the 
noise shaping. 

As is already observed earUer, one of the major objects of the present 
invention is to reduce the dynamic range of the signals generated by the analog to digital 
converter and consequently to reduce the conq)lexity of the digital drcuitry that has to 
process these signals. A fiirther reduction of the dynamic range can be obtained by a properly 
designed automatic gain control and the receiver of the present invention may therefore be 
further characterized in that the feedback loop of the sigma-delta modulator comprises one or 
more gain controlled stages. The dynamic range may also be reduced by an AGC-stage in 
fix)nt of the SA-modulator but it may be advantageous to cany out the automatic gain control 
within the feedback loop of the SA-modulator because the stage is then to a lesser ext^t 
subject to large inteiferer signals so that the linearity requirements are less severe. 

It may further be observed that the invention may be implemented with a time- 
continuous analog SA-modulator or with a time-discrete analog SA-modulator (a switched 
capacitance in:q)lementation). In the latter case an anti-aliasing low pass filter that suppresses 
all firequency componrats above half the sampling firequency, has to be placed prior to the 
£A-modulator. 

It is noted that the present invention also relates to a sigma-delta modulator 
that is either fully or partly incorporated in a monolithic integrated circuit and which is 
intended for use in a receiver according to the invention. 
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The invention will be described with reference to the accompanying figs.. 

Herein shows: 

5 Fig. 1 a receiver according to Ihe invention with a first example of the sigma 

delta modulator used therein. 

Fig. 2 a second example of a sigma delta modulator for use in a receiver 
according to the invention and 

Fig. 3 a third example of a sigma delta modulator for use in a receiver 
10 according to the invention. 

The receiver of fig. 1 coniprises an amplifier Ai that receives a band of 
communication channels from an antenna input In a mixer M the amplified signals are 

15 mixed with a local oscillator fi:equency obtained from a tuned local oscillator O. In the 

arrangements to be described Ihe oscillation frequency is equal to the carrier frequency of the 
desired channel, so as to transpose tins channel to baseband (homodyne or zero-IF receiver), 
altiiough flie invention may also be used in a heterodyne receiver in which the desired 
communication channel is transposed to a suitable intermediate frequency signal. The output 

20 of the mixer M is again arEq)lified in a second amplifier A2 and subsequentiy applied to an 
analog to digital converter, which in this embodiment is constituted by a continuous time 
analog sigma-delta modulator SD. It may be observed that, in the arran^ment of fig. 1 , the 
signals X(s) applied to the sigma delta modulator are not or only scarcely filtered so tiiat the 
desired baseband channel is acconrpanied by iaterfering neighbor channels (interferers), 

25 which may have amplitudes that are much larger than the amplitude of the desired baseband 
channeL Moreover the amplitude of this baseband signal is strongly dependent on the 
reception conditions so that the dynamic range of the irput signals ^lied to the sigma delta 
modulator SD is very large. 

The input signal X(s) to the EA-modulator is applied to a first combiner Ci and 

30 the output signal thereof is applied to a first integrator Ii with transfer function l/sti. The 
output signal of the first integrator is applied to a second combiner C2 whose ou^ut is 
coupled to a second integrator h with transfer function l/sxa. The output signals of the second 
integrator are fed to a clocked quantizer Q that converts the analog signals to a series of 
digital words with the sample rate of the clock-frequency. The quantizer Q may generate 
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multi-bit words but conveniently the quantizer outputs single-bit words (bit-stteam) in which 
case the quantizer may have the form of a one-level comparator. The output Y(z) of the 
quantizer is converted into analog pulses Y(s) in a digital to analog converter D and tiie 
analog pulses so obtained are applied through coefScient multipliers Mi and M2 with 
coefSdents di and dz to the combiners Ci and C2 respectively. In the arrangement of fig. 1 
the combiners Ci and C2 are subtracters with respect to the signals firom the multipliers Mi 
and Ml but it will be apparent that, "wbsa in the DA-converter D or in the multipliers M 1 and 
M2 the polarity of the signal is reversed, the output signals of the multipliers have to be added 
in the combiners Ci and C2. The output signals of the second integrator I2 are applied, 
through a third mult^lier M3 with coefBcient b, to a fiirtho: adding input of the combiner Q. 

The digital output bit-stream of the £A-modulator SD is fed to a decimation 
filter F for converting the bit-stream to multi-bit words of reduced sample rate. The output of 
the filter F may be processed in fiirther digital circuitry (not shown). Moreover this output is 
appUed to an automattc gain control stage B that controls the magoitude of the coefScients b,. 
di and xi in respectively the uiuts M3, Mi and Ii of the ZA-modulator. 

In operation tbe input signal X(s) is low pass filtered by the low pass filter 
constituted by the two integrators Ii and I2 and the feedback of the analog pulses Y(s) through 
the multipliers Mi and M2. The usual function of a SA-modulator is to digitize the signal and 
to shift the quantization noise associated therewith to the higher frequency range (noise- 
shaping) between the firequency band of interest and half the sample (clock) frequency of the 
quantizer. Additionally the low pass filter of fig. 1 generates in the signal transfer of the SA- 
modulator a cut off fiequCTicy that approximately corresponds to the bandwidth of the desired 
channel, with the result that the desired channel is passed and the neighbor interferers are 
substantially suppressed and with the further result that the dynamic range of the signals 
within the feedback loop of the SA-modulator and thereafter is substantially reduced. In the 
arrangement of fig. 1 the signal transfer fimction of the SA-modulator, which is responsible 
for the channel filtering, is approximately l/(s Xid2+di), which is a low pass filter of 1^ ord^. 

The coefBcient multiplier M3 has substantially no eflEect on the channel 
filtering function of the SA-modulator but provides additional suppression of the quantization 
noise by implementing a local resonance close to the pass band of the desired signals. 

A further substantial reduction of the dynamic range of the signals to be 
processed is obtained by automatic gain control. As already noted in the preamble to this 
pat^t application, this gain control can be performed inside the feedback loop of the ZA- 
modulator as well as in fix)nt of the AD converter. Jn tiie arrangement of fig. 1 this is 
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implemented by equally varying tiie three coefficients di, xi and b in the units Mi, Ii and M3 
respectively. It can be shown that with this measure the gain of the arrangement is changed 
while the characteristic frequencies that are responsible for the channel fflteiing and the noise 
shaping remam unaffected. 
5 Fig. 2 shows an alternative for the SA-modulator of fig. 1 . In this anangement 

the quantizer Q and the digital to analog converter D have the same fimctian as the 
corresponding units of fig. 1 . A combiner C3 subtracts the feedback signal from the input 
signal X(s) and the difference signal is appUed througjh a noise-sharing low pass filter G to 
the quantizer Q. The channel filtering is perj&mnedby a hi^ pass filter H in the feedback 
10 path from the DA-converter to the combiner C3 and by a low-pass filter L in cascade with the 
filter G. When the transfer ftmdion of the high pass filter H is H(8) and that of the low pass 
filter L is L(s) then the product H(s) JL(s) is constant (i.e. frequency independent). For 
instance H(s).L(8) = 1 , 

Wbsn G(s) is the tranrfer function of the noise-shying low pass filter G and 
15 when the combination of quantizer Q and digital to analog converter D is simulated by a 
linear amplifier with amplification A and a source of quantization noise s, then the output 
signal Y(s) of fbo SA-modulatoT of fig. 2 can be ejqjressed as: 
Yis) = X(s) ^<^^Ws) , e 

With L(s).H(s) = 1 this becomes; 

20 T(s) = . g 

1+A.Gis). l+AG(j). • 

From the first term of the rigjht hand side of this equation it follows that, when the 
amplification A is suffidenfly high, the signal transfer is substanliaUy only dependent from 
the channel filter L (and its counterpart H) and from the second term it follows that the noise- 
shapmg is only dspeadeot fijom the noise-shaping filter G. Therefbre the arrangement of fig. 
25 2 aUows optimizing the channel filtering and the XM>ise-diq)ingindq)endentlyfi»mea^ 
other. The channel filtering is performed by proper dimensioning of the filters H and L, 
which maybe of either first order or higjier order or evenband pass, and the noise-shaping is 
performed by proper dnnensioning of the filter G which also may be of either first order or 
higher order or even band pass. 

Pig- 3 shows another inqilementation of the EA-modulator. This arrangement 
has three filters Fj, F2 and F3 and an extra combiner C4. The filter Fj is placed between the 
ou^ut of the conibiner C3 and the positive input of the combiner C4, Hie filter F2 is placed 
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between the output of the DA converter D and the ne^itive input of the combiner C4 and tiie 
filter F3 is connected betv^een the output of combiner C4 and the quantizer iapML The 
unfiltered output of the DA-converter is fed to the negative ii^ut of the combiner C3. If the 
filters Fi, F2 and F3 have the transfer functions L(s), H'(s) and G(s) respectively, the same 
formula for the signal Y(s) and the same advantages as given above dpply^ except in Ifaat the 
product L(s) JE[(s) is replaced by the sum L(s) + H'(s). The implementation of llie cbannel 
filters H' can now be very simple. For instance, whm L is a 1st order low pass RC-filter 

(t = RC) with transfer L(s) = — ~ — the filter H' is an equally simple 1^ order high pass RC- 

sx +1 

filter witii transfer H\s) = 



«+l 

10 Hie arrangement of fig. 3 allows changing tbe inqplementation of the GitGrs 

without changing the frequency characteristics of llie ZA-modulator as a whole. When for 
instance a differentiator with transfer fimction sx is added to both the filters Fj and F2 and a 
compensating integrator with transfer fimction 1/sx to the filter F3, then neither the channel 
filtering defined by Fi(s)/(Fi(s) + F2(s)) nor the noise shaping, defined by (Fi(s) + 

IS F2(s))'*'F3(s) is chan^^ With the above given transfer functions of L(s) and H'(s) the transfer 
functions of Fi, F2 and F3 are now respectively: 

F, is) = sx.^ = , F,{s) = sx.^ and F,is) = Xg^s) 

SZ+l SX+l iST+1 SX 

In a further conversion step a single high pass section in F3 replaces the two high pass 
sections of Fi and F2. This results in: 

20 i^i(^) = l, F^is) = sx,F,is) = ^.-^Gis)==-^.Gis). 

sx jrX+1 sx+1 

Therefore the filter F 1 is merely an interconnection, the filter F2 is a differentiator and the 

filter F3 is the original low pass filter G in series with a low pass filter section L. In all three 

cases the quotient Fi(s)/^i(s) + F2(s)), that determines the channel filtering, is equal to 

l/(sT + 1) and the product (FiCs) + F2(s))'''F3(s) that determines the noise shaping, equals G(s). 

25 It may be observed tiiat the multiplication factor t of the diEEerentiator determines the cut off 
fiequency of the diannel filter. 

In the arrangements of figs. 2 and 3 gain control within the feedback loop of 
the SA-modulator is achieved by using a multiplying DA-converter D. When the quantizer Q 
delivers single-bit words, this DA-converter can be made very simple by means of a single 

30 current source that is AGC-controlled by the unit B and that is switched by the quantizer 
ou^ut pulses. When at higher levels of the ixq>ut signal X(s) the current of this source is 
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increased, the feedback is increased with the result that the amplification of the SA-modulator 
is decreased. 

The emibodiments of the present invention described h^ein are intraded to be 
taken in an illustrative and not a limiting sense. Various modifications may be made to these 
5 embodiments by those skilled in the art without departing ftom the scope of flie present 
invention as defined in the appended claims. 

It may be noted that the invention relates to homodyne receivers in which the 
desired channel is frequency-converted to baseband (zero-IF) as well as to heterodyne 
receivers with fi:equency-conv6rsion of the desired channel to a suitable intennediate 
1 0 frequency band 

Although the embodiments discussed above primarely relate to receivers for 
wireless communication it will be clear to those skilled in the art that the invention may be 
applied advantageously in other receivers, for instance receivers as used in TV systems for 
receiving terrestrial satallite broadcasted TV signals, or TV signals broadcasted via cable 
IS networks. 
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CLAIMS: 



1 • A receiver compiising means for receiving a plurality of communication 

channels, a mixer (M) for frequency-converting at least part of said communication channels 
and a sigma-delta modulator (SD) for analog to digital converting output signals of the mixer, 
said sigma-delta modulator mcluding a feedback loop with a forward path and a feedback 
5 path, wherein the forward path comprises combiner means (C3) with a first input receiving 
the mixer output signals, noise-shaping low pass filtering means (G) cox5)led to the output of 
said combiner means and a quantizer (Q) coupled to the output of the noise-shapmg low pass 
filtering means and wherein the feedback path is coimected to supply ou^ut signals of the 
quantizer (Q) to a second input of the comhiner means (C3), characterized in that the forward 
10 path and the feedback path are so arranged that the signal transfer function of the SA- 
modulator has a pass hand that substantially corresponds with the fi^quency band of the 
communication channel to be filtered while the interferers beyond that pass band are 
attenuated. 

15 2. A receiver as claimed in claim 1 characterized in that the forward path of the 

feedback loop comprises, in addition to said noise shaping low pass filtering means (G), first 
channel filtering means (L), that the feedback path of the feedback loop comprises second 
channel filtering means (H) and that the product of the transfer fimction of the first channel 
filtering means and the transfer fimction of the second channel filtering means is constant 

20 

3. A receiver as claimed in claim 1 characterized by fiuther combmer means (C4) 

with first and second inputs and an ou^ut, by a first filter (Fi) with transfer fimction Fi(s) 
connected between the ou^t of the first mentioned combiner means (Q) and the first input 
of flie fiirther combmer means (Q), a second filter (F2) with transfer function F2(s) connected 
25 between flie output of the quantizer (Q) and the second input of the fiirfher combiner means 
(C4) and a third filter (F3) wifli transf^ fimction FaCs) between the output of the further 
combmer means (C4) and the input of the quantizer (Q), Tisercin the transfer fimction 
Fi(s)/(F i(s)+F2(s)) substantially corresponds with the fi»quemqr band of the communicati<m 
channel to be filtered. 
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4. A receiver as claimed in any of the preceding claims characterized in that the 
sigma-delta modulator comprises one or more gain controlled stages (Mi, Ii, M3, D). 

5. A sigma delta modulator specifically intended for use in a receiver as claimed 
in one or more of the preceding claims. 
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ABSTRACT: 



In a receiver receiving a plurality of signal channels analog to digital 
canvdsion is done by a SA-modulator. The fOteiing of flie desired sigoal diannel is 
positioned within the feedback loop of the ZA-modolator. 



Fig. 2 
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